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(57) ABSTRACT

FIR filters for compensating for fixed pattern jitter, and meth-
ods of constructing the same, are disclosed. In one embodi-
ment, a FIR filter filters a signal having a desired frequency
component, with the coefficients of the FIR filter selected so
that the filter is the equivalent of two combined FIR filters,
one having the desired frequency at the filter’s peak output
frequency, and a second in which the signal is delayed by a
time equal to half of a period of a different frequency which is
desired to be removed from the output signal. In another
embodiment, a FIR filter includes a delay line with a total
delay longer than the period of the jitter. A signal is passed
down the delay line, the number of signal edges that have
occurred as the signal passes each delay element in the
counted. Drivers corresponding to the delay elements in
which a number of signal edges occur at the desired frequency
during the period of fixed pattern jitter activate impedance
elements attached to those delay elements. A processor con-
figures the activated impedance elements to provide the
desired filter response.

8 Claims, 8 Drawing Sheets
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SUPPRESSION OF FIXED-PATTERN JITTER
USING FIR FILTERS

This application claims priority from Provisional Applica-
tions Nos. 61/841,820, filed Jul. 1, 2013, and 61/856,848,
filed Jul. 22, 2013, which are incorporated by reference herein
in their entirety.

FIELD OF THE INVENTION

The present invention relates generally to finite impulse
response (FIR) filters, and more particularly to using a FIR
filter to suppressing a certain type of jitter.

BACKGROUND OF THE INVENTION

A useful application in integrated circuits is a frequency
multiplier, in which an input signal of one frequency is mul-
tiplied by a fixed integer to create a signal of a higher fre-
quency. For example, the output of a clock circuit at one
frequency may be multiplied by an integer to generate a
higher frequency clock signal.

Various ways to do frequency multiplication are known in
the art. For example, a delay locked loop having N elements
may be used, and taps taken from each of the N elements
which are then combined to create a number of clock edges
that is N times higher than the frequency that is applied to the
delay locked loop.

Typically, the limiting factor in such a frequency multi-
plier, or other similar multipliers, is that the multiplier circuit
may, due to inaccuracies in its implementation, generate jitter
in the edge positions. Jitter means that the positions of each of
the newly generated edges ate not precisely where they
should be, i.e., the new edges in between the edges of the
original signal are not located at precisely the equidistant
positions that a mathematical calculation would predict.

For example, a device intended to multiply an input dock
signal of 5 megahertz (MHz) by four will create four output
pulses, and thus 8 output edges rather than the 2 output edges
of the original 5 MHz input signal. These newly generated
edges may each systematically deviate from the ideal equi-
distant times at which they are desired to occur. In one circuit,
the first edge, which should occur after 25 nanoseconds (NS),
might occur at 24 NS, the second edge, which should occur at
50 NS, might occur at 53 NS, etc.

Many designers, if not most, will assume that the deviation
from the ideal position of each of the newly generated dock
edges is random, i.e., noise created by a Gaussian distribution
of undesired frequencies around the desired frequency. The
most common way that most designers will try to correct for
this is by using a high-Q filter to narrow the range of noise,
although high-Q filters are difficult to implement well and are
not easily adjustable if the desired clock frequency changes.

What most designers fail to realize, however, is that such
jitter comes from two effects. One effect is a random variation
of'the edge position, such as is widely believed. But the other
effect is a systematic variation in edge position due to repeat-
able artifacts in the elements of the circuit mechanism being
used to multiply the signal.

The systematic type of variation gives rise to a character-
istic non-random error that repeats in each cycle of the
applied input signal, i.e., the error in the position of the clock
edges will to a large degree be the same during the next cycle
of the input frequency because the same error is present on
each of the output phases for each input signal. This type of
jitter is sometimes known as “fixed pattern jitter,” because it
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thus repeats in a pattern over some time interval, i.e., at fixed
frequencies, typically the time interval of the input clock
signal.

FIG. 1 shows a curve 100 of the Fourier transform of (i.e.,
the frequencies contained in) a 20 MHz signal created by
multiplying a 5 MHz signal by 4 as above. As expected, the
peak response is in the middle of the x-axis, at 20 MHz, and
noise appearing on either side of this peak response primarily
atfrequency intervals of S MHz, with the two closest frequen-
cies, 15 MHz and 25 MHz, being the highest intensity of the
noise frequencies. If the edge positions are plotted as a devia-
tion from their ideal positions, the signal represented by the
Fourier transform of FIG. 1 is shown in FIG. 2, in which curve
202 shows the positive edge error and curve 204 shows the
negative edge error. The edges vary from their ideal positions
by as much as +4 NS.

As will be apparent to one of skill in the art, any signal with
arepeating pattern may be described as a spectrum consisting
of discrete values, i.e., a Fourier transform. Thus, if these
discrete tones in the spectrum can be suppressed, the fixed
pattern portion of the jitter may be greatly reduced or elimi-
nated.

It is thus desirable to construct a circuit that is able to
eliminate such fixed pattern jitter in clock multiplier and other
types of circuits.

SUMMARY OF THE INVENTION

A FIR filter, and methods for constructing such a filter,
which compensates for fixed pattern jitter are disclosed.

One embodiment discloses a method of designing a finite
impulse response filter for removing fixed pattern jitter from
a signal having a desired output frequency, the filter having a
delay line containing a plurality of delay elements, compris-
ing: selecting a desired peak frequency response for the filter;
selecting a plurality of elements having impedances, one
element to be coupled to the delay line after each delay
element, the values of the elements selected to determine their
impedances so that the filter is the equivalent of two filters, a
first filter having a peak output frequency at the desired output
frequency or a band pass range that includes the desired
output frequency, and a second filter in which the signal is
delayed by a time equal to half of a period of a different
frequency which is desired to be removed from the output
signal; and providing an output connected to all of the imped-
ance elements.

Another embodiment discloses a finite impulse response
filter for removing fixed pattern jitter from a signal having a
desired output frequency, comprising: an input for receiving
the signal; a delay line containing a plurality of delay ele-
ments; a plurality of elements having impedances, one ele-
ment coupled to the delay line after each delay element, the
values of the elements selected to determine their impedances
so that the filter is the equivalent of two filters, a first filter
having a peak output frequency at the desired output fre-
quency or a band pass range that includes the desired output
frequency, and a second filter in which the signal is delayed by
atime equal to half of a period of a different frequency which
is desired to be removed from the output signal; and an output
connected to all of the impedance elements.

Still another embodiment discloses a finite impulse
response filter for removing fixed pattern noise from a signal
having a desired output frequency, comprising: an input for
receiving the signal; a delay line containing a plurality of
delay elements, having a total delay that is longer than the
period of the fixed pattern noise; a plurality of elements
having impedances, one element coupled to the delay line
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after each delay element; a counter mechanism for counting
the number of signal edges that have occurred as the signal
passes each delay element in the delay line; a controller for:
determining when the number of signal edges that occur at the
desired frequency during the period of the fixed pattern has
been reached and causing only the impedance elements in
which those signal edges to be activated; and configuring the
values of the activated impedance elements to provide a filter
response having a peak output frequency at the desired output
frequency or a band pass range that includes the desired
output frequency; and an output connected to all of the imped-
ance elements.

BRIEF DESCRIPTION OF THE DRAWINGS

FIG.1is a graph of the Fourier transform of a 20 megaherts
(MHz) signal created by multiplying a 5 MHz signal.

FIG. 2 is a graph of the edge positions plotted as a deviation
from their ideal positions for the signal represented by the
Fourier transform of FIG. 1.

FIG. 3 is a graph of output pulses that are nominally at a
frequency of 20 MHz showing typical fixed pattern noise.

FIG. 4is ablock diagram of a finite impulse response (FIR)
filter as known in the art.

FIG. 5 is a graph of a rectangular window function in the
frequency domain.

FIG. 6 is a of the Fourier transform of a 20 MHz signal
created by multiplying a 5 MHz signal after removal of fixed
pattern jitter according to one embodiment, overlaid on the
graph of FIG. 1.

FIG. 7 is a graph of the edge positions plotted as a deviation
from their ideal positions for the signal represented by the
Fourier transform of FIG. 6.

FIG. 8 is a block diagram of a FIR filter according to one
embodiment.

DETAILED DESCRIPTION OF THE INVENTION

Described herein is a FIR filter for compensating for fixed
pattern jitter, and the method of constructing such a filter.

In one embodiment, as FIR filter is used to filter a signal
having a desired frequency component, with the coefficients
of'the FIR filter selected so that the filter is the equivalent of
two combined FIR filters, a first FIR filter having the desired
frequency of the signal at its peak output frequency (or within
the band of a band pass filter), and a second FIR filter in which
the signal is delayed by a time equal to half of a period of a
different frequency which is desired to be removed from the
output signal.

In another embodiment, a FIR filter includes a delay line in
which the total delay is longer than the period of the fixed
pattern jitter. A signal having a desired frequency is passed
down the delay line, and a counter mechanism counts the
number of signal edges thathave occurred as the signal passes
each delay element in the delay line. When the number of
signal edges reaches the number of signal edges that occur at
the desired frequency during the period of the fixed pattern
jitter, drivers corresponding to the delay elements in which
those signal edges occur activate impedance elements
attached to those delay elements. A processor configures the
activated impedance elements to provide the desired filter
response.

As above, in an application such as a frequency multiplier,
the total jitter in the timing of the new clock edges created by
such as multiplier may not be just random jitter but may
contain two kinds ofjitter, both random jitter and a significant
portion of fixed pattern jitter. The fixed pattern jitter is due to
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repeatable artifacts caused by the circuit elements being used
to multiply the signal, and results in a systematic variation in
the positions of the new dock edges that occur over the time
period of the original, non-multiplied clock signal.

Once the existence of fixed-pattern jitter is recognized, it
may be seen that the fixed-pattern jitter is represented by a
series of peaks at specific frequencies, and may thus be
reduced by the use of a FIR filter that has zero values at those
frequencies. Since the fixed-pattern jitter occurs at specific
frequencies, better jitter reduction is obtained by reducing
noise at those frequencies than by trying to reduce all noise.

Because most designers do not appreciate the difference
between the two types of jitter, they may attempt solutions
that do not work very well. Some designers will recognize
that it is possible to use filters to cause certain frequencies to
have a zero amplitude (or near zero as it is very difficult to get
atrue zero value); for example, this principle is used to reduce
interfering signals such as signals of television stations other
than the one a user wishes to watch.

However, even given the ability to have zero values at some
frequencies, most designers will also recognize that it is
impossible to have zero values for all frequencies other than
the desired one. In fact, the closer the undesired frequency is
to the desired frequency, the harder it is to remove the undes-
ired frequency. Faced with this reality, many or most design-
ers will thus not even try to eliminate noise directly, but will
instead use a high-Q filter to try to eliminate most frequencies
other than the desired one. However, implementing a high-Q
filter is not easy, and may lack flexibility if the desired clock
frequency changes.

Consider as an example, a circuit that multiplies a 40 MHz
signal to get a 160 MHz signal. Clock frequency multipliers
are frequently constructed using phase locked loops (PLLs).
In the frequency domain a 160 MHz signal in its pure form is
a spike at 160 MHz with no energy elsewhere. However,
phase locked loops suffer from Gaussian jitter, and thus using
a phase locked loop to get the desired multiplication will
typically result in a Gaussian distribution of noise; due to the
jitter the frequency response will not appear as a spike, but
will instead appear as a Gaussian distribution running from
perhaps 155 MHz to 165 MHz. In the time domain, the new
clock edges will not appear precisely where they are desired,
but will dither, possibly by about 1 NS.

Again, because many designers believe all of the noise to
be random, the typical solution is to apply a high-Q filter with
apeak band-pass at 160 MHz; this will turn the signal into one
having a narrower frequency distribution, but still a Gaussian
one, from perhaps 159 MHzto 161 MHz, and the dither in the
clock edges will similarly be reduced but still present.

However, implementing such a high-Q filter with a phase
locked loop is not easy. The value of Q must be at least 16 to
have any effect at all (Q needs to be greater than the signal
frequency, here 160 MHz, divided by the noise bandwidth,
here 10 MHz, i.e., 160/10=16), and a value of Q of overa 100
is preferable. Further, the high-Q filter must be well centered
on the desired frequency of 160 MHz, or it will suppress that
frequency as well as the undesired ones. Finally, if for some
reason a new frequency is desired from the phase locked look,
for example an output signal of 200 MHz rather than 160
Mhz, the high-Q filter must also be changed or it will suppress
the new 200 MHz frequency, just as it suppresses the 200
MHz frequency when the desired frequency is 160 MHz.

An alternative way to make a clock frequency multiplier is
by using a delay locked loop (DLL) rather than a phase locked
loop. Delay locked loops are in some respects a better choice
for frequency multipliers, as they are much easier to make
than the combination of a phase locked loop and a high-Q
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filter. Using a delay locked loop to multiply the 40 MHz signal
may result in about the same distribution of 159 MHz to 161
MHz as a phase locked loop with a high-Q filter when each of
the generated edges are examined individually, but when the
clock edges are compared to each other a jitter will be seen.

Delay locked loops introduce only fixed pattern jitter, and
have negligible, or at least substantially less, Gaussian jitter.
While the new clock edges as output by the delay locked loop
may initially have about the same amount of dither as those of
the clock edges from a phase locked loop and high-Q filter,
the fact that the dither in the output of the delay locked loop
frequency multiplier is not due to random noise but to fixed
pattern jitter allows the dither to be greatly further reduced.

In the frequency domain, the fixed pattern jitter of a delay
locked loop appears as noise at other frequencies that are not
a Gaussian distribution like noise from a phase locked loop,
but rather, like the desired output frequency, are also mul-
tiples of the input frequency. Thus, in addition to the peak
desired output signal at 160 MHz, there will be smaller peaks
at 80 MHz, 120 MHz, 200 MHz, etc., which are undesired
noise. The largest peaks of noise will be the ones with the
closest frequencies to the desired frequency of 160 MHz, i.e.,
120 MHz and 200 MHz.

FIG. 3 shows a curve 300 of output pulses that are nomi-
nally at a 20 MHz frequency as represented by the Fourier
transform of FIG. 1, showing how the fixed pattern noise of
the type shown in the frequency domain FIG. 1 is manifested
in the time domain. It will be seen that the edges are irregular,
and thus that while they have an average frequency of 20 MHz
they do not perfectly align to their ideal times.

It will thus be apparent to one of skill in the art that such
noise at specific frequencies in the frequency domain, which
is reflected as dither in the edges of the new dock signals in the
time domain, may be reduced by reducing the noise in the
frequency domain, i.e., the extraneous frequencies at 15
MHz, 25 MHz, etc. This may be accomplished by the use of
a finite impulse response (FIR) filter with zero values at the
undesired frequencies.

A FIR filter is a type of electronic filter with a broad range
of applications. FIR filters are widely used in both digital
signal processing and digital video processing, and their con-
struction is well known in the prior art. One type of FIR filter
is a transversal filter, or tapped delay line filter, as shown in
FIG. 4. The output of such a filter 400 is a weighted combi-
nation of voltages taken from uniformly spaced taps. The
filter contains a plurality (here 7 are shown) of unit delay
elements U1 to U7, each of which introduces a delay of time
t. The filter is considered to be of the Mth order, where M-1 is
the number of delay elements, so the filter of FIG. 5 is an 8
order filter.

The output of each of the delay elements Ul to U7 is
connected to an element having an impedance value, typi-
cally through some buffering means, such as buffers 71 to Z7;
here, the elements having impedance values are shown as
resistors R1 to R7. One of skill in the art will recognize that
while this example and the following discussion use resistors
to indicate the impedance values for purposes of illustration,
other circuit elements also have impedance values, for
example, capacitors, inductors, depletion mode MOSFETs,
and other devices, and any device having an impedance that
does not otherwise interfere with operation of the filter may
be used to provide the desired impedance values as described
herein.

The resistors all share a common output point. As an input
signal progresses through the delay elements, each resistor
causes the signal on the respective delay element to which it
is attached to contribute to the output signal in inverse pro-

25

30

35

40

45

50

6

portion to the resistor value. Thus, if the resistor is small, the
signal on the attached delay element will have a large contri-
bution to the output voltage, while if the resistor is large the
contribution to the output will be smaller.

It is well known that the mathematical basis of a FIR filter
is the mathematics of Fourier transforms, and is characterized
by a convolution of the successive values of the input signal
with a set of values referred to as the impulse response of the
filter. The output of the filter is a weighted sum of the current
input value and a finite number of previous values of the input.
When a delay element operates on an input S, the current
outputis S, ,,i.e.theinputonedelay period before. Thus, S,, .,
is the filter input at a time T, plus (n-k)*t, which is also the
output of the kth delay element at time plus n*t. Each buffer/
resistor combination Z1/R1 to Z7/R7 acts as a multiplier and
multiplies the tap input to which, it is connected by a filter
coefficient referred to as the tap weight W, so that the multi-
plier connected to the kth tap input S,,_, produces an output
S, ¥ W, The resistor (or impedance) values are the inverse of
the Fourier coefficients in the series.

The outputs of the resistors R1 to R7 are summed to pro-
duce the fitter output. For an Nth order filter, this overall
output Y, is given by the formula:

Y, =WosS, + Wi =S, | + WouS, o +...+ Wy S, n

or

N
Y, = Z S # W
k=0

Thus, by properly selecting the resistor values in a set of
resistors, a FIR filter may be designed to provide an output
with a desired frequency response. The resistor values are
typically calculated by a software program which takes the
desired frequency response as an input.

It is also a well-known property of the Fourier transform
that a frequency shift corresponds to a multiplication of the
coeflicient values by €**, i.e., by a complex sinusoidal term.
Consequently, the coefficient values representing a single
non-zero value in the frequency domain are of the form e**,
i.e., they are sinusoidal and extend to infinity. Thus, in order
to construct a perfect filter, an infinite sequence of coefficient
values, i.e., delay elements and resistors, are required.

Since any practical implementation can of course not be of
infinite extent, and generally must be quantized in time and
amplitude as well, a window function, or tapering function, is
used. As is well known in the art, a window function is a
function with a value of zero outside some chosen interval;
one common type used in filters is a rectangular window,
which lets a signal pass through when it is within the fre-
quency bounds of the window, and results in a value of zero
outside the window. The use of an appropriate window func-
tion limits the nominally infinite series of coefficients to a
series of coefficients of finite length. Well known window
functions such as the Kaiser window or Blackman window
are examples of the results of work that has been done in the
field over many years trying to determine how best to achieve
such truncation of a coefficient series.

Using the example of the 20 MHz signal obtained by mul-
tiplying a 5 MHz signal above, in a first embodiment a first
FIR filter is designed with resistance values that will create a
band-pass filter with a peak at the desired 20 MHz signal. As
is known in the art, passing the signal through this filter alone
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will slightly reduce the noise in the signal and reduce jitter,
since any such filter has some value of Q.

However, much greater improvements are obtained by add-
ing additional FIR filters that, when added to the output of the
first FIR filter, will result in zero values at particular frequen-
cies. This is done by assuming a second FIR filter that is a
duplicate of the first FIR filter, and delaying the signal to the
duplicate filter by a time equal to half of the period of the
frequency at which the zero value is desired.

For example, for the 25 MHz frequency, since a cycle at
that frequency has a period of 40 NS, if the signal to the
second FIR filter is delayed by 20 NS, and the outputs of the
two filters added together, the value of the 25 MHz frequency
will near zero. (It is nearly impossible to get a value that is
absolutely zero, but near zero values will greatly reduce the
noise and jitter.)

Similarly, a third FIR filter can be added, and the signal
delayed by about 33.33 NS, half of the period of a signal of 15
MHz. When the output of this signal is added to that of the first
FIR filter, the value of the 15 MHz frequency will also be near
zero. Additional FIR filters may be added to reduce the values
at additional frequencies if desired to further reduce the noise
and jitter.

These multiple FIR filters need not be physically con-
structed but may be conceptual designs; as is well known in
the art, multiple FIR filters may be collapsed into a single
filter, by simply adding all of the output values that occur at a
specific point in time. Since the outputs of one or more of the
filters will be delayed with respect to the first band pass filter,
the output values at most points in time will be a sum from two
or more of these conceptual filters.

For example, if the output of the first band pass filter is a
string of values;

ABCDEFGetc.
and the output of one of the delay filters is a string of the same
values delayed by a time equal to four elements of the delay
line, so that, for example, a first output of the delayed signal
from the second filter is A when the undelayed output of the
first filter above is E, then the resulting added string will be

A BCDE+AF+B G+Cetc.

The coefficients of the single “collapsed” filter will reflect
these outputs, by adding the conductances ofthe elements, so
that if the resistor that results in output A is Ra, the resistor for
output B is Rb, etc., then the resistor for E+A will be given by
Rea=1/(1/Ra+1/Rb) (Where the outputs do not exactly coin-
cide in time due to the delay time for a given undesired
frequency, such as 40 NS for the 25 MHz signal described
above, being offset from the times at which the first filter
would be tapped, one of skill in the art will appreciate how to
interpolate the values so as to perform this addition.)

Thus, in this embodiment, such a FIR filter representing a
“collapsed” set of FIR filters which provide zero values for
the unwanted frequencies, each of which is offset from the
desired frequency by the frequency of the original non-mul-
tiplied clock signal, will greatly reduce the fixed pattern jitter.
By using this technique, the jitter in the clock edges may be
reduced from about 1 NS to as little at 100 picoseconds (PS),
or ten percent of the previous jitter, and possibly less. One of
skill in the art will appreciate that this is only one method of
creating zeros in a FIR filter, and that other methods of cre-
ating zeros may be used to achieve the same result.

A second embodiment allows for the removal of the fre-
quencies where the fixed pattern noise is present without the
use of FIR filters to provide zero values as described above.
Instead of making use of explicit zeros in the transfer function
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of'the filter, this embodiment takes advantage of the fact that
afilter that does not use a window function exhibits a response
that is a curve of sin(x)/x.

The mathematical ideal of a Fourier transform of a signal at
a single fixed frequency is a sinusoidal signal of infinite
extent, and a perfect FIR filter would thus require an infinite
number of elements. In practice it is well known that if a
sinusoidal sequence is simply truncated in order to generate a
finite number of coefficients of a FIR filter, the filter will
exhibit a response of sin(x)/x, which may be considered as the
Fourier transform of a rectangular window function.

Rather than considering which window function is the best,
this embodiment rests on a consideration of the effect of the
truncation, i.e., what happens to the signal response when the
ideal impulse response is truncated to a serried of finite length
as a result of the use of any window function.

FIG. 5 shows a curve 500 of a typical sin(x)/x response, i.e.,
a rectangular window. A filter having such a response will
generally be considered a poor filter for most uses, as the
response from the peak generally rolls off very slowly. How-
ever, it is easily seen that there are a large number of zero
values at repeated intervals from the center value of the filter.
These zeros are exactly what is needed to suppress fixed
pattern jitter, if the zero values can be made to occur at the
same frequencies at which the fixed pattern jitter noise
occurs.

Accordingly, in the example above of multiplying a S MHz
signal to get a 20 MHz signal, if the zero values can be made
to be at S MHz intervals from the 20 MHz peak, then the noise
and jitter will be greatly reduced.

The position of the zeros is determined by the length of the
FIR filter. If the total delay time in the filter is, for example,
200 NS, the zeros will occur at multiples of 5 MHz, since a 5
MHz signal has a period of 200 NS. Thus, if a FIR filter with
a rectangular impulse response operates on a signal that has
fixed pattern noise, and the total delay time of the filter is
equal to the interval over which the fixed pattern repeats (or an
integral multiple thereof), the artifacts of the fixed pattern will
coincide with the zeros of the filter, so that the fixed pattern
noise will be greatly suppressed at the output of the filter.

However, if the delay line is made from simple delay ele-
ments that are common in this area, the delay elements will
exhibit variations in delay due to variations in the manufac-
turing process, the power supply, etc. It is thus necessary to
continually adjust the delay elements such that the total delay
time of the delay line is equal to the period of the input signal,
or an integral multiple thereof. In addition, since the filter
must be centered on the expected output frequency, the coef-
ficients of the filter must be able to change as the delay time
changes. These objectives may be accomplished by the use of
an adaptive filter implementation.

Consider again the clock edges of the 20 MHz signal as
shown in FIG. 3. In the adaptive filter implementation, these
clock edges are sent down a delay line that is longer than the
period of the original 5 MHz clock signal. For example, in one
embodiment the delay line might be constructed of 256 ele-
ments in series, each element having a nominal delay of 1 NS.
The total delay time of such a delay line will thus be 1 NS
times 256, or 256 NS, longer than the 200 NS cycle period of
the input 5 MHz signal.

As in a conventional FIR filter, each output from one of the
256 elements is connected to a resistor that forms one coef-
ficient of the FIR filter. However, as will be explained, the
driver for any given resistor may or may not be activated. If
the driver for a resistor is not activated, the driver output is of
high impedance and the coefficient is effectively of an infinite
value so that it makes no contribution to the output of the filter.
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It is by determining which drivers to activate that the length
of'the filter is set, since what matters is not the total length of
the filter, but the length of those elements which are activated
to actually drive coefficients. If only enough drivers are acti-
vated to make the delay of the active drivers 200 NS, then the
pattern of frequencies at which the filter has zero values will
fall on the same frequencies as the fixed pattern noise.

Thus, the length of elements to be activated must be deter-
mined. This may be accomplished in various ways. One way
is to make a replica delay line and apply a S MHz signal to it,
and then snapshot the position of the signal in the delay line
and assess it. A linear control signal may then adjust a fixed
number of delay elements to the required total time.

Another solution does not require a replica line or linear
control elements, and will work with any reasonable set of
delay times for the delay elements, even if those delay times
vary between elements over the delay line due to, for
example, manufacturing variations. A set of registers is
arranged with a register adjacent to each delay element, such
that when the registers are clocked they take a snapshot of the
delay line, and a digital counter mechanism then counts the
number of clock edges present in the delay line. (One desir-
able feature of a delay line constructed for a FIR filter is that
each delay element typically inverts the signal, so that the
absence of a transition actually indicates an edge has
occurred, and thus the counter mechanism may simply count
the number of “absences” of transition between delay ele-
ments.)

This counter mechanism may be conveniently distributed
down the delay line, such that a counter adjacent to each delay
element, each one receiving an input from the prior counter
and adding a 1 or a O to the count depending upon the state of
the adjacent delay element, and passing the new count on to
the next counter.

If a running total of the number of clock edges is made
available adjacent to each delay element in this way, the total
may be used to determine whether to activate the local coef-
ficient driver. Since the 20 MHz signal is 4 times the fre-
quency of the 5 MHz input signal, 8 clock edges are desired.
Thus, if the running total of the number of clock edges is
between 0 and 8, then the adjacent driver will be made active;
otherwise the driver remains in a high impedance state. (Note
that any two numbers that differ by 8 may be used to control
the drivers, as it only necessary that the activated drivers
include a set of coefficients where the delay elements include
8 clock edges.)

FIG. 8 is a block diagram of a FIR filter 800 as described
above. In addition to the standard components shown in FIG.
4,1i.e.,the delay line, buffers Z1-77, and resistors R1-R7, FIR
filter 800 includes a plurality of counters 802 which count the
number of signal edges thathave occurred as the signal passes
each delay element in the delay line, and a controller 804
which activates the appropriate impedance elements as
explained above. (Of course, there will typically be more
delay elements, buffers, resistors and counters in an actual
implementation, for example 256 of each in the example
above.)

This solves the first constraint, i.e., that the delay of the
filter is equal to the interval over which the fixed pattern
repeats, a cycle of the input clock signal. But as above as
second constraint must also be met: the impulse response
coded in the coefficients must be such that the center fre-
quency of the filter is at the desired output frequency, here 20
MHz. In principle, this may be achieved by any means; for
example, the length of the delay needed to make one interval
is now known from the list of active drivers, and a processor
may configure the coefficients based upon that interval.
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A simpler means of obtaining the required frequency
response if based upon the observation that the pattern present
in the delay line is itself an approximation to the required
impulse, since it is a square wave and represents a filter that
has a fundamental at the required frequency. While there are
other undesirable responses at 3, 5, 7, etc. times the funda-
mental frequency, for the intended purpose these can be
ignored as long as they do not “fold back” into the hand of
interest.

Such fold back occurs due to the quantization of time in the
delay line; with an element delay of 1 NS, which may be
typical, the images fold back after about 1 GHz (the frequency
which has a cycle time of 1 NS). This ensures that the first
problematic image in the filter is the image from any signal
remaining at 980 MHz (which would fold hack to 20 MHz).
However, since 980 MHz is so far above the region of interest
of 20 MHz+the 5 MHz artifacts of the fixed pattern jitter,
errors due to this sampling may be ignored.

This means of setting the frequency response of the filter is
easily added to mechanism above to activate the drivers. A
driver is enabled if the adjacent counter number falls in the
range of O to 8 (or any two numbers differing by 8), and is
enabled to drive in phase with the delay if the adjacent value
in the delay line is a zero, and to drive anti-phase to the delay
if the adjacent value in the delay line is a one.

Use of this embodiment is thus characterized by two fac-
tors. First, the effective length of the FIR filter used to remove
fixed pattern noise is such that the delay in that length is equal
to the interval over which the fixed pattern noise is known to
repeat. (If it is only desired to remove certain noise frequen-
cies, the effective length of the filter may be adjusted to be an
integer divisor of the interval over which the fixed pattern to
be removed repeats. Further, the interval of the delay may be
a multiple of the interval over which the pattern repeats, in
which case redundant zeros will be present which nominally
contain no fixed pattern energy, but the filter will still work.)

Second, the coefficient values in the active length are such
that the center frequency is substantially equal to the output
frequency of the multiplier. (In the case of a band pass filter,
there is no true center frequency; rather, this criteria merely
becomes that the filter pass the desired output frequency.)

FIG. 6 shows a curve 602 of the Fourier spectrum of a 20
MHz signal after reduction of fixed pattern jitter, compared to
the curve 604 of such a signal before noise reduction. It may
readily be seen that noise at all frequencies other than 20 MHz
is substantially reduced.

FIG. 7 shows the dither in the new clock edges after reduc-
tion of the fixed pattern jitter, in which curve 702 shows the
positive edge error and curve 704 shows the negative edge
error. Comparing the dithering in FIG. 7 to that in FIG. 2 will
make it further apparent how this embodiment reduces the
noise in the 20 MHz clock signal, such that the variance in the
position of the clock edges now ranges from about +175 PS to
=350 PS, rather than +4 NS as in FIG. 2.

Using the methods and filters described in this embodi-
ment, the fixed pattern jitter present in any signal may be
removed, without calibration or linear control, and with con-
stant adjustment for variations in temperature, power supply
and other changes. It also physically small and consumes low
power.

The disclosed system and method has been explained
above with reference to several embodiments. Other embodi-
ments will be apparent to those skilled in the art in light of this
disclosure. Certain aspects of the described method and appa-
ratus may readily be implemented using configurations or
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steps other than those described in the embodiments above, or
in conjunction with elements other than or in addition to those
described above.

It should also be appreciated that the described method and
apparatus can be implemented in numerous ways, including
as a process, an apparatus, or a system. The methods
described herein may be implemented by program instruc-
tions for instructing a processor to perform such methods, and
such instructions recorded on a computer readable storage
medium such as a hard disk drive, floppy disk, optical disc
such as a compact disc (CD) or digital versatile disc (DVD),
flash memory, etc. It may be possible to incorporate the
described methods into hard-wired logic if desired. It should
be noted that the order of the steps of the methods described
herein may be altered and still be within the scope of the
disclosure.

These and other variations upon the embodiments are
intended to be covered by the present disclosure, which is
limited only by the appended claims.

What is claimed is:

1. A method of designing a finite impulse response filter for
removing fixed pattern jitter from a signal having a desired
output frequency, the filter having a delay line containing a
plurality of delay elements, comprising:

selecting a desired peak frequency response for the filter;

selecting a plurality of elements having impedances, one

element to be coupled to the delay line after each delay
element, the values of the elements selected to determine
their impedances so that the filter is the equivalent of two
filters, a first filter having a peak output frequency at the
desired output frequency or a band pass range that
includes the desired output frequency, and a second filter
in which the signal is delayed by a time equal to half of
a period of a different frequency which is desired to be
removed from the output signal; and

providing an output connected to all of the impedance

elements.

2. The method of claim 1, wherein selecting a plurality of
elements further comprises:

determining a plurality of Fourier coefficients that provides

the peak output frequency at the desired output fre-
quency or a band pass range that includes the desired
output frequency;

foreach set of Fourier coefficients, selecting a set of imped-

ance values that are the inverse of the Fourier coeffi-
cients.

3. The method of claim 2, wherein determining a plurality
of Fourier coefficients further comprises mathematically cal-
culating the Fourier coefficients.
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4. The method of claim 2, wherein determining a plurality
of Fourier coefficients further comprises determining the
Fourier coefficients by an iterative method.
5. The method of claim 4, wherein determining the Fourier
coefficients by an iterative method further comprises deter-
mining the Fourier coefficients by a Parks-McClellan
method.
6. The method of claim 2, wherein determining a plurality
of Fourier coefficients further comprises multiplying the Fou-
rier coefficients by a window function.
7. A finite impulse response filter for removing fixed pat-
tern jitter from a signal having a desired output frequency,
comprising:
an input for receiving the signal;
a delay line containing a plurality of delay elements;
a plurality of elements having impedances, one element
coupled to the delay line after each delay element, the
values ofthe elements selected to determine their imped-
ances so that the filter is the equivalent of two filters, a
first filter having a peak output frequency at the desired
output frequency or a band pass range that includes the
desired output frequency, and a second filter in which the
signal is delayed by a time equal to half of a period of a
different frequency which is desired to be removed from
the output signal; and
an output connected to all of the impedance elements.
8. A finite impulse response filter for removing fixed pat-
tern noise from a signal having a desired output frequency,
comprising:
an input for receiving the signal;
a delay line containing a plurality of delay elements, hav-
ing a total delay that is longer than the period of the fixed
pattern noise;
a plurality of elements having impedances, one element
coupled to the delay line after each delay element;
a counter mechanism for counting the number of signal
edges that have occurred as the signal passes each delay
element in the delay line;
a controller for:
determining when the number of signal edges that occur
at the desired frequency during the period of the fixed
pattern has been reached and causing only the imped-
ance elements coupled to delay elements in which
those signal edges have occurred to be activated; and

configuring the values of the activated impedance ele-
ments to provide a filter response having a peak output
frequency at the desired output frequency or a band
pass range that includes the desired output frequency;
and

an output connected to all of the impedance elements.
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